In this paper, we propose a switchable linear prediction (LP)/warped linear prediction (WLP) hybrid scheme for the transform coded excitation (TCX) coder, which is adopted as a core codec in AMR-WB+ and USAC. The proposed algorithm selects either an LP or WLP filter on a per-frame basis. To provide a smooth transitions between LP and WLP frames, a window switching scheme is developed using sine and rectangular windows. In addition, a Gaussian Mixture Model (GMM)-based classification module is used to determine the prediction mode. Through a subjective listening test it was confirmed that the proposed LP/WLP switching scheme offers improved sound quality. key words: warped linear prediction (WLP), linear prediction, audio coding, TCX, low bit rate
Introduction
Maintaining transparent audio quality while reducing the bit rates is very important for efficiently store and transmit audio data through media with limited bandwidth. The stateof-the-art codecs such as AMR-WB+ [1] and unified speech and audio codec (USAC) [2] promise high quality for speech and audio contents at low bit rates. Those codecs switch between a speech core coder, algebraic code excited linear prediction (ACELP), and a transform-based core coder, transform coded excitation (TCX). TCX in the AMR-WB+ originally employed DFT [1] . Later, to improve coding efficiency, a modified MDCT-based TCX was developed [3] .
Both ACELP and TCX coders operate with a linear prediction (LP) filter. LP is an effective tool for modeling both speech and audio, so it has been widely used in a variety of speech/audio codecs. For audio signals, especially when the signals are nearly stationary, it was indicated that warped linear prediction (WLP) could be more effective than LP in terms of bit saving [4] . Therefore, perceptual quality could be improved by using WLP rather than LP at the same bit rates.
In this paper, we propose a switchable LP/WLP hybrid scheme for the TCX coder operating at low bit rates. The main motivation of this study is that, in some frames containing fairly stationary low-frequency components, the use of WLP instead of LP can improve the coding efficiency of TCX. To provide a smooth transition between LP and WLP, we propose a window switching scheme based on sine 
Characteristics of Warped Linear Prediction
Warped linear prediction is obtained by simply replacing the unit delay of linear prediction with an all-pass filter (APF) having a transfer function [4] 
where 0 < λ < 1 is the warping factor. The closer λ is to 1, the more the resolution of lower-frequency bands is emphasized. However, the resolution of higher-frequency bands is deemphasized compared with LP, which could lead to performance degradation. In this paper, we distinguish between low-and high-bands according to the turning frequency [4] .
In most state-of-the-art audio coders, input audio signals are analyzed in frequency bands approximating the critical bands, because this approach can manipulate the spectrum of the quantization noise more effectively, and in turn minimize perceptual degradation. Similarly, we can expect perceptual improvements if the spectral characteristics of low-frequency bands are well parameterized. Previous researches confirmed improvement by using WLP [6] , [7] . However, all of them targeted relatively high bit rates ranging from 56 to 84 kbps. State-of-the-art codecs employing TCX are operating at low bit rates, such as 10 to 20 kbps. Figure 1 shows the spectra of the input and the errors measured using the synthesized signals. A near-stationary frame was captured and coded by using a TCX coder. The spectrum of the input shows high-energy spectral peaks at low frequencies. The synthesized output using the LP-based TCX shows that most of the spectral peaks at low frequencies are missing, which results in high errors, especially at the positions of spectral peaks (marked by x). On the other hand, the spectral peaks at low frequencies are well preserved when the WLP-based TCX was used.
Considering the role of auditory property that resolution of ear is higher at low-frequency bands, the property of WLP shown in Fig. 1 is desirable in coding application. But in high-frequency bands WLP is likely to produce more error than LP. Thus, it is desirable to selectively use WLP according to the spectral characteristics of the input frame.
Copyright c 2012 The Institute of Electronics, Information and Communication Engineers As shown in Fig. 1 , the WLP-based TCX can be efficient for stationary signals in which harmonic components are dominantly distributed in low frequency bands [4] . Therefore, several spatio-temporal parameters such as low-band energy, harmonic distribution, transient information, etc., should be monitored to decide whether the WLP-based TCX scheme would be used or not.
To this end, we build up a GMM-based classification module to decide the appropriate prediction filter (LP or WLP) for every frame. Parameters used in GMM be discussed in Sect. 4. In this paper, the LP filter is used by default, and WLP is selectively used when the coder encounters frames where the signal characteristics are similar to those described above.
Proposed LP/WLP Switching Method
In the AMR-WB+ encoder, the frame length of three TCX modes, TCX-20, TCX-40, and TCX-80, are 20 ms (256+32), 40 ms (512+64), and 80 ms (1024+128), respectively, in which 32, 64, and 128 are the overlapping samples [1] . In this paper, we implement the MDCT-based TCX with increased overlapping 128, 256, and 1024 samples to improve coding performance [3] .
In the MDCT-based TCX, the LP residual signal is overlapped and added with those in adjacent frames. Prediction coefficients of the LP synthesis filter are interpolated. Note that since residual signals in the proposed algorithm can be obtained using either an LP or WLP analysis filter, residual signals of adjacent LP and WLP frames cannot be directly overlapped and added because the properties of those two residual signals are different. Coefficients interpolation is also problematic for the same reason. The following two subsections describe the methods to resolve these problems.
Window Switching and Implementation
To resolve the overlapping problem, we propose a new window switching scheme. A detailed process is illustrated in 2 . A sine window was used during TCX encoding by default. Whenever a transition between LP and WLP frames is encountered, ACELP frame is inserted between these two frames. Since ACELP uses an implicit rectangular window, non-critical sampling occurs during transitions from sine to rectangular window, or vice versa. For the transition between an ACELP and LP/WLP-based TCX, we use a window shown in Fig. 3 . This window is similar to the one in [8] , which consists of a rectangular window of length L and half-cosine windows of lengths L 1 and L 2 in the left and right parts, respectively.
For example, when a 20-ms LP-based TCX frame is followed by a 20-ms ACELP frame (corresponds to < 1 > in Fig. 2 ), L 1 , L, and L 2 are set to 256, 128, and 128, respectively. Then, the right part of the window where the window extends to the next ACELP frame to form a look-ahead is discarded.
For the transition from ACELP frame to WLP-based TCX frame (corresponds to < 2 >), L 1 , L, and L 2 are set to 0, 128, and 256, respectively. The transition is smoothed by the ZIR subtraction at the beginning of the TCX frame [1] . Other cases in Fig. 2 can be similarly implemented by changing the values of L, L 1 , and L 2 .
Controlling the History Prediction Coefficients
In AMR-WB+ core codec, every frame is split into several sub-frames according to frame length [1] , and only the LP coefficients of the first sub-frame are encoded. At the decoder, the LP coefficients of the other sub-frames are obtained via interpolation using the LP coefficients of current and next frames. However, if LP-and WLP-based encoding frames are neighbored, the interpolation cannot be directly performed. This problem can be solved by using a synthesis-analysis procedure, which is explained in Fig. 4 .
In Fig. 4 , r l and r l+1 indicate residual signals in the previous l-th and current (l+1)-th frame, respectively. According to the prediction mode of the previous frame, a complete synthesis of the previous frame is firstly performed. Then, the frame is re-analyzed according to the prediction mode of the next frame. Finally, the prediction coefficients of each sub-frame are estimated via the interpolation process.
LP & WLP Classification Module
A classification module that can determine proper prediction filter was developed to improve coding efficiency. A GMM with 8 mixtures was used and parameters used for GMM are listed in Table 1 along with their dimensions.
Among the features, total spectrum power, centroid, low band power ratio, and bandwidth [9] are used to measure how much energy is concentrated on low-frequ-ency bands. On the other hand, LSP, and Mel-frequency cepstral coefficient (MFCC) features represent spectral characteristics of the signal. Transient information is extracted using a method employed in AC-3 encoder [10] . The LSP and MFCC are used to measure how much harmonics are distributed on low bands.
For training the GMM model, we collected various audio/speech clips. Those clips were coded by LP-based and WLP-based TCX coders and performed informal subjective listening tests to divide the clips into two groups: LP-group and WLP-group. Clips being represented better with LP filtering were classified into the LP-group and the others were classified into the WLP-group. Over 4000 vectors were used for training. Figure 5 shows a spectrogram (core band up to 6.4 kHz is shown) and classification results. The test signal consists of speech signals in the early part and instrument signals which is composed of string and drum later. Warping factor 0.52 was used to simulate Bark [11] . Most of the frames corresponding to instrument signals were classified as WLPgroup, because the signal energies in such frames are dominantly distributed in low-frequency bands. The frames corresponding to early part of signal show frequent transition between LP and WLP, which can deteriorate the sound quality. To solve this problem we added a post processing to the classifier output to suppress frequent switching. This was achieved by observing the invariant length of the classifier outputs. For example, if the length of the consecutive WLP frame exceed half of the observation period, all the frames in the observation period are classified to the WLP-group. Otherwise, the frames are classified to the LP-group. 
Performance Evaluation
The performance of the proposed method was measured via subjective listening tests. In the test, the core bands was encoded by AMR-WB+ and an MDCT-based TCX was used with increased overlap sizes described before. The LP/WLP classification was performed at the beginning of the encoder, the parameters for GMM were obtained from the input frame, and the frame was classified as either LP-and WLP-group using the likelihood measure. Then, the final prediction mode was determined by the post-processing. A flag bit to indicate the prediction mode was transmitted. One flag bit was transmitted in every 10 frames and the same prediction mode was used until the next flag bit arrived, which results in 2.4 bps. Considering the target bit rate of 12 kbps, the increase of data rate due to the flag bits is minor. The MUSHRA [12] test was conducted using a headphone (Sennheiser HD600); eight listeners experiencing audio evaluation before participated in the test. The items [13] used in the tests are listed in Table 2 . The last two columns of Table 2 represent the number of total frames and classification ratio of the WLP-group. "Glock" and "Phi7" have fairly stationary spectral characteristics were chosen. "Music 1" and "Music 3" consist of several instruments. Speech and music are mixed in the contents "Green-sm", "HarryPotter" and "SpeechOverMusic". Since none of the frames of the two items ("HarryPotter" and "SpeechOverMusic 4") were classified to the WLP-group, the tests were performed on 5 items. Figure 6 shows the results. All of them were encoded at 12 kbps mono.
All the items except "Music 1" showed improved quality by using the proposed method. For "Music 1", the proposed algorithm generated couple of transitions while the input was nearly stationary. The listeners judged the transitions as artifact and scored the proposed algorithm slightly poor. We used the 20-ms ACELP block to provide seamless transition from one mode to another, and the proposed algorithm decided mode transition mostly during the input signal was transient. Thus, the transition was likely to be overruled by the transient property of the input. But in some exceptional cases, the transition happened during the input was stationary. The transitions in this case were perceived as an artifact by the listeners. However, it should be mentioned that this problem can be solved by improving the classification module or further modifying the post processor. Results show that noticeable improvement was obtained for the item "Phi7". On the other hand, "Glock", in which all frames were encoded in WLP mode, shows slight improvement. The reason is that "Phi7" consists of fairly stationary string instruments with dominant spectral peaks in low-frequency bands. Using the WLP-based TCX, those spectral peaks are better preserved than the LP-based TCX. Although spectral peaks in "Glock" are broadly distributed in low-frequency bands, compared with "Phi7" whose peaks are relatively widely distributed. Results for other items also show slight improvement by using the proposed switching method. In overall, the results indicate that the proposed scheme can provide improved audio quality, especially for items containing dominant spectral energy and peaks in low frequency bands. Note that total complexity of the proposed algorithm is higher then the conventional TCX coder, which is mainly due to the classification module. However, the complexity can be reduced by reducing the number of through the optimization process. It is also possible to replace the GMMbased classifier with other classifier. If the classified result is more accurate, improved audio quality can be anticipated.
Conclusion
We proposed an LP/WLP switching scheme and applied it to the TCX coder adopted in AMR-WB+. For seamless connection between LP and WLP frames, we proposed a new window switching scheme, together with a GMM-based classification module. Test results indicated that the proposed scheme could provide improved results, especially for items containing dominant spectral peaks in low frequency bands.
